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Description 

[0001] The present invention relates generally to interference cancelers, and more particularly to a generalized 
sidelobe canceler, or adaptive beamformer for an array of sensors such as microphones and the like. 
5 [0002] It is known that wideband signals propagating across an array of sensors in directions that are different than 
the beam steering direction of the array suffer a distortion that is similar to lowpass filtering. 

[0003] According to a prior art microphone array, signals detected by an array of microphones are lowpass filtered 
and summed together to detect a target signal that arrives in a particular direction. The adaptive microphone array 
beamformer is one form of the generalized sidelobe canceler as described in an article "An Alternative Approach to 

10 Linearly Constrained Adaptive Beamforming", Lloyd J. Griffiths and Charles W. Jim, the IEEE Transactions on Antennas 
and Propagation, Vol. AP-30, No. 1, January 1982, pages 27-34. As described in an article "The Broad-Band Wiener 
Solution for Griffiths-Jim Beamformers", S. Nordholm, I. Claesson and P. Eriksson, the IEEE Transactions on Signal 
Processing, Vol. 40, No. 2, February 1992, pages 474-478 (hereinafter referred to as Document 1), the generalized 
sidelobe canceler comprises, a spatial lowpass filter connected to an array of microphones for filtering signals from 

15 the array and summing the filtered signals so that only the desired signal is contained in the summed signal. A plurality 
of spatial highpass filters are provided to form a spatial highpass filter bank. Each spatial highpass filer is connected 
to a selected pair of microphones for filtering and summing the sensor signals to detect the Interference signals. A 
plurality of adaptive filters are provided for using the interference signals as reference signals to detect those compo- 
nents having high correlation with the interference signals contained in the detected target signal. 

20 [0004] Since the spatial highpass filters of Document 1 are of nonadaptive type and each uses two microphone 
outputs, the range of signals which must be rejected is very narrow. As a result, a slight departure from the intended 
direction causes a leakage of the desired signal into the interference path of the beamformer. 

[0005] To overcome the prior art shortcoming, a proposal has been made to implement a spatial highpass filter for 
receiving more than two microphone outputs as described in an article "A Spatial Filtering Approach to Robust Adaptive 
25 Beaming", I. Claesson et al, the IEEE Transactions on Antennas and Propagation, Vol. 40, No. 9, September 1992, 
pages 1093 to 1096 (hereinafter referred to as Document 2). According to Document 2, each of the highpass filters 
that comprise the spatial highpass filter broadens the range of arrival angles by receiving multiple spatial samples from 
a selected set of microphone outputs using a plurality of leaky adaptive filters. 

[0006] However, a large number of microphones (the Q value) are required to implement a beamformer having a 
30 wide range of rejection angles, for each group of spatial highpass filters in the filter bank. If a sufficient number of 
microphones is not provided, the degree of design freedom must be sacrificed, resulting in a beamformer having a low 
noise canceling capability. The difference between the assumed direction and the actual arrival direction of the target 
signal, or a look-direction error, is of another concern because it degrades the target signal. In order to compensate 
for this shortcoming, the spatial highpass filter bank of the prior art needs as many spatial highpass filters as is necessary 
35 to provide a wide range of angles to reject the target signal to prevent its leakage into the interference path of the 
beamformer. 

[0007] It is therefore an object of the present invention to provide an adaptive array beamformer with a reduced 
number of sensors while allowing a look-direction error. This object is achieved with the features of the claims. 
[0008] The present invention will be described in further detail with reference to the accompanying drawings, in which: 

40 

Fig. 1 is a block diagram of a prior art adaptive array beamformer; 

Fig. 2 is a block diagram of the spatial highpass filter of the Fig. 1 prior art; 

Fig. 3 is a block diagram of the leaky adaptive filters of the Fig. 1 prior art; 

Fig. 4 is a block diagram of an adaptive array beamformer according to a first embodiment of the present invention; 
45 Fig. 5 is a block diagram of an adaptive array beamformer according to a second embodiment of the present 

invention; 

Fig. 6 is a block diagram of the norm constraint adaptive filters of the second embodiment; 
Fig. 7 is a block diagram of the constraint coefficient generator used in Fig. 6; 

Fig. 8 is a block diagram of an adaptive array beamformer according to a third embodiment of the present invention; 
50 Fig. 9 is a block diagram of the coefficient-constrained adaptive filters of the third embodiment; 

Fig. 10 is a graphic representation of the input/output characteristic of the limiters of Fig. 9; 
Fig. 11 is a block diagram of an adaptive array beamformer according to a fourth embodiment of the present 
invention; and 

Fig. 12 is a block diagram of a modification of the present invention. 

55 

[0009] Before proceeding with the detailed description of the present invention, it may prove helpful to provide an 
explanation of the prior art with reference to Figs. 1 to 3. In Fig. 1 , a linear array of microphones 1 0 ~ 1 M-1 of identical 
operating characteristics are located at sufficient distances from signal sources of interest so that the wavefront of 
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each signal at the microphones is considered to be linear. The microphones are connected to FIR transversal filters 
20 0 ~ 20 M _i of a spatial lowpass filter 2, the outputs of the filters 20 being summed by an adder 26 to produce an 
output containing the target signal from a particular (assumed) direction and signals from other directions which are 
uncorrected with the target signal. The outputs of filters 20 are applied through a timing adjustment delay circuit 3 to 

5 a subtracter 32 of a canceler 4. 

[0010] The outputs of the M microphones are further connected to a spatial highpass filter bank 6 to produce (M-Q- 
1) output signals. The filter bank 6 operates so that the signals including the target signal as well as signals in the 
neighborhood of the assumed direction are rejected. The outputs of the filter bank 5 thus contain the undesired signals 
as dominant components. The outputs of filter bank 5 are fed through leads F 0 ~ F M . Q to leaky adaptive filters 30 0 — 

10 30 m-q of tne canceler 4. Leaky adaptive filters 30 of the canceler detect undesired signals contained in the output signal 
of the beamformer at terminal 5 having a high correlation with the undesired signals detected by the spatial highpass 
filter 6 by adaptively updating their tap weight values using the output of the beamformer as a signal indicating the 
amount of correction error. The high correlation signals detected by the leaky adaptive filters 30 are combined by an 
adder 31 and fed to the subtractor 32 where it is subtracted from the time-coincident signal from spatial lowpass filter 

15 2, whereby the undesired signals are canceled at the output terminal 5 of the beamformer. 

[001 1] Each of the filters 20 has a tapped delay line formed by delay elements 22 0 ~~ 22 G _ 2 forming (G-1 ) delay-line 
taps which are connected to corresponding tap weight multipliers 23 for respectively weighting the tap signals with 
particular tap weight coefficients supplied from a tap weight memory 24 (where G is equal to or greater than 2), the 
weighted tap signals being summed by an adder 25 and fed to the adder 26. The tap weight memory 24 of each filter 

20 20 stores a set of tap weight coefficients whose values are determined so that filters 20 exhibit particular characteristics 
which result in an output containing the target signal. If the assumed direction is normal to the length of the microphone 
array, the integer G=2 is used and the tap weight coefficient of the multiplier 23 0 is set equal to "1". Other design 
approaches are described in "Multidimensional Digital Signal Processing", Prentice-Hall, Inc, pages 289-315, 1984 
and IEEE, Proceedings of International Conference on Acoustics, Speech and Signal Processing 93, pages 169-172. 

25 [0012] Spatial highpass filter bank 6 of the type described in Document 2 is shown in Fig. 2. Filter bank 6 is made 
up of (M-Q-1) groups 40 of Q highpass filters 41 each, and an adder 42, with each group forming a spatial highpass 
filter, where Q is equal to or greater than "3". Each spatial filter 40 receives a selected set of the microphone outputs 
such that the signals from the microphones positioned closer to the center of the array are coupled to an increasing 
number of filters 41 . Thus, the signals incident on the center area of the microphone array are filtered through a greater 

30 number of filters 41 than the signals incident on the edges of the array are. Highpass filters 41 are basically of the 
same transversal filter configuration as the filters 20, but with different delay line lengths (G) and different filter char- 
acteristics. 

[0013] The characteristics of the highpass filters 41 of filter bank 6 are those of a rejection filter wherein a group of 
signals propagating in the assumed direction are rejected at the output of adder 42 of each spatial highpass filter 40. 

35 a basic design method for this type of spatial filter is described in Document 2. One important consideration is the 
degree of design freedom which is determined by the number of microphones used. For an M-microphone array, it is 
represented by M - Q + 1 . With the use of a large number of microphones a beamformer having a wide rejection angle 
with high attenuation can be implemented. Advantageously, the target signal can be rejected in the interference path 
of such beamformers even though the assumed direction differs from its actual arrival direction. 

40 [0014] In each of the leaky adaptive filters 30 (Fig. 3), a corresponding output signal from the filter bank 5 is succes- 
sively shifted through delay-line taps formed by delay elements 50 0 ~ 50 L _ 2 and the tap signals are weighted respec- 
tively by (L-1) multipliers 51 with tap weight coefficients supplied from update circuits 53 0 ~- 53 L _! and then summed 
by adder 52 for coupling to the adder 31 . Each update circuit 53 operates in accordance with the least mean square 
(LMS) algorithm. The output of beamformer from subtracter 32, representing a correction error, is weighted by astepsize 

45 ^ in a multiplier 54 and applied to a multiplier 55 of each update circuit 53 for detecting a correlation between the 
weighted error and a corresponding tap signal. Each update circuit 53 includes a leaky integrator formed by an adder 
56, a multiplier 57 and a delay element 58. The correlation output of multiplier 55 is summed with a feedback signal 
from multiplier 57 and delayed by a symbol interval by delay element 58. The delayed symbol is applied to the corre- 
sponding tap weight multiplier 51 as an updated tap weight coefficient as well as to the multiplier 57 where it is scaled 

50 down by a factor a (equal to less than unity) and fed back to the adder 56. Because of this scale-down feedback, the 
integrator operates as a leaky integrator which differs from normal integrators where the scale factor is unity. The leaky 
integration prevents the tap weight coefficient from growing indefinitely, when there is a leakage of the target signal to 
the interference path (i.e., the outputs of filter bank 6) of the beamformer due to the inherent variability of microphone 
characteristics and positional errors of the microphones. Otherwise, the interference signals produced by the adaptive 

55 filters would become identical to the components of the signal in the main path of the beamformer, and the resulting 
cancellation would substantially remove the target signal. 

[0015] However, in order to implement a beamformer having a wide range of rejection angles, a large number of 
microphones (the Q value) are required for each group of spatial highpass filters in the filter bank. If a sufficient number 
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of microphones is not provided, the degree of design freedom must be sacrificed, resulting in a beamformer having a 
low noise canceling capability. 

[0016] Referring now to Fig. 4, there is shown an adaptive array beamformer according to a first embodiment of the 
present invention in which parts corresponding to those of Fig. 1 are marked by the same numerals as those used in 
5 Fig. 1 , the description thereof being omitted for simplicity. The adaptive array beamformer of this embodiment comprises 
a spatial highpass filter 16 and a canceler 17. Spatial highpass filters 16 includes M delay circuits 7 0 ~ 7 M ^ connected 
respectively to the microphones 1 0 ~ 1 M . 1t M leaky adaptive filters 8 0 — 8 M ^ and M subtracters 9 0 — 9 M ^ connected 
respectively to the outputs of the M delay circuits 7. 

[0017] The spatial lowpass filter 2, connected to the microphone array, provides spatial lowpass filtering of the indi- 
10 vidual microphone signals and summing the lowpass-filtered signals in the same manner as in the prior art beamformer 
to detect the target signal. The output of the spatial lowpass filter 2 is applied to all the leaky adaptive filters 8 as a 
reference signal as well as to the delay 3. The outputs the microphone array are passed through corresponding delay 
circuits 7 to subtracters 9 to which the outputs of leaky adaptive filters 8 are also supplied to be subtracted from the 
corresponding microphone outputs. The output of each subtractor 9 is coupled to the corresponding leaky adaptive 
15 filter 8 as an error signal to update their tap weight values. The M delay circuits 7 provide a delay to the microphone 
outputs so that they are time coincident at the inputs of corresponding subtractors 9 with the output signals of leaky 
adaptive filters 8. 

[0018] Each of the leaky adaptive filters 8 is identical in structure to that shown in Fig. 3. Correlations between the 
reference signal and each of the error signals are detected by the leaky adaptive filters 8. As described previously in 

20 connection with the prior art, the strength of a leaky adaptive filter for restraining the growth of tap weight is proportional 
to the magnitude of the tap weight value itself. As a result, if the optimum value for the tap weight coefficient (which 
minimizes the error input of the leaky adaptive filter) is relatively large, the tap weight value cannot converge to the 
optimum value, resulting in a substantial amount of error from the optimum value. This implies that depending on the 
tap weight value the correlation capability of the leaky adaptive filters 8 differs significantly. Therefore, those signal 

25 components, which require a greater tap weight value for enabling their correlation to be detected, cannot sufficiently 
be removed, while those signals requiring a lower tap weight value can be removed sufficiently. 
[0019] With respect to the signal arriving in the assumed direction as well as to those arriving in near-assumed 
directions, the output of spatial lowpass filter 2 contains the same amount of such signal components as those detected 
by the microphone array, and the maximum tap weight value necessary for removing them from the interference path 

30 of the beamformer is as small as "1 ". The leaky adaptive filters 8 are therefore designed with a low maximum tap weight 
value so that the target signal components are completely removed at the outputs of subtractors 9. 
[0020] With respect to the interference signals, on the other hand, the output of the spatial lowpass filter 2 contains 
a smaller amount of interference signals than those detected by the microphone array. Therefore, the tap weight value 
necessary for the leaky adaptive filters 8 to remove the interference signals is much higher than "1 ". Thus, the amount 

35 of removal at the outputs of subtractors 9 is much less in the case of the interference signals than in the case of the 
target signal components. If normal adaptive filters are used instead of the leaky adaptive filters 8, their tap weight 
values would be allowed to grow indefinitely, and as a result, not only the interference signals but the target signal 
components are removed. 

[0021] Canceler 17 includes M leaky adaptive filters 10 0 — 10^ connected respectively to the outputs of corre- 
40 sponding subtractors 9 to receive the interference signals detected in a manner just described. Each of the leaky 
adaptive filters 10 is identical in characteristic to the prior art leaky adaptive filters. Although most of the target signal 
components are removed, there is still a small amount of their leakage at the outputs of subtractors 9. Due to the 
adaptive leaky integration of filters 10, the growth of their tap weight values due to the presence of such small amount 
of leakage of the target signal are restrained. The outputs of leaky adaptive filters 10 are summed by adder 11 and 
<5 supplied to subtractor 12 for canceling the interference signals contained in the main path of the beamformer. 

[0022] Since the output of each subtractor 9 contains only a small amount of the target signal, the latter is not canceled 
in the subtractor 12 even though there is a look-direction error. 

[0023] The leaky adaptive filters 8 of the spatial highpass filter 1 6 operate in effect as variable spatial highpass filters. 
The degree of design freedom of the present embodiment is not less than that of Document 2 and a large look-direction 

50 error is allowed using a smaller number of microphones than in the case of Document 2. 

[0024] A second embodiment of the present invention is shown in Fig. 5 in which parts corresponding to those in 
Fig. 4 are marked with the same numerals as those used in Fig. 4. The beamformer of Fig. 5 differs from the first 
embodiment in that the leaky adaptive filters 1 0 of Fig. 4 are replaced with norm-constrained adaptive filters 1 3 0 - 1 3 M _i . 
[0025] As shown in detail in Fig. 6, each norm-constrained adaptive filter 13 comprises a tapped-delay line formed 

55 by delay elements 60 0 ~ 60 L _ 2 , tap weight multipliers 61 0 — 61 L-1 connected to the delay-line taps, and adder 62 for 
summing the weighted tap signals. Update circuits 63 0 ~ 63 L _., are provided which are connected to a constraint 
coefficient generator 69. Each update circuit 63 receives an error signal from the output of the beamformer from sub- 
tractor 12 via multiplier 64 where it weighted by the stepsize \i. Correlation between the corresponding tap signal and 
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the weighted error signal is taken by a multiplier 65 and summed by adder 66 with a tap weight value of a previous 
sample supplied from multiplier 67. The output of delay element 68 is scaled down by multiplier 67 with a constraint 
control parameter p from the constraint coefficient generator 69. To the constraint coefficient generator 69 is connected 
the output of multiplier 65 of each update circuit 63. The output of the adder 66 is supplied to the constraint coefficient 
5 generator 69 as the output of the update circuit 63. 

[0026] Constraint coefficient generator 69 controls the constraint control parameter p such that the p-th power of 
norm L p (where p is an integer equal to or greater than unity) of the tap weight coefficients does not exceed a positive 
integer 0 using the following Equation: 



where Wj is the tap weight coefficient at the i-th delay-line tap. By constraining the Lp value below the 0-value, the 
growth of tap weights is restrained. 

[0027] As shown in detail in Fig. 7, the constraint coefficient generator 69 includes a calculator 70 for calculating the 
p-th power of norms. This calculator is formed by a plurality of circuits 71 0 ~ 71 L-1 for raising the corresponding outputs 

20 of the update circuits 63 to the p-th power. The outputs of the p-th power-raising circuits 71 are summed by an adder 
72 and supplied to a circuit 73 where an Lp value is obtained by taking the inverse root of p-th power of the output of 
adder 72. The value Lp is supplied to a division circuit 74 where it is used to divide the threshold value 0. The output 
of the division circuit 74 is fed to a minimum selector 75 which compares it with the unity value and selects the smaller 
of the two and supplies it as a constraint control parameter p to all the update circuits 63. When the Lp value exceeds 

25 the constant 0, all the tap weight values are decreased so that Lp becomes smaller than 0. 

[0028] A third embodiment of the present invention is shown in Fig. 8 which is a further modification of the first 
embodiment. In this modification, a coefficient-constrained adaptive filter 14 is used instead of each leaky adaptive 
filter 8 of Fig. 4. As illustrated in detail in Fig. 9, each coefficient-constrained adaptive filter 14 has a memory 89 in 
which maximum tap weight values (f> 0 ~ (J)^ and minimum tap weight values (p 0 ~ (p^ are stored for update circuits 

30 83. The reference signal from spatial lowpass filter 2 successively appears as tap signal along taps formed by delay 
elements 80 and is multiplied in corresponding multipliers 81 with a tap weight coefficient supplied from corresponding 
update circuits 83 and summed by adder 82 where it is coupled to the corresponding subtractor 9. The output of this 
subtracter 9 is weighted by the stepsize u, in multiplier 84 and supplied to multiplier 85 where it is multiplied with the 
corresponding tap signal, the output of multiplier 85 being summed in adder 86 with a previous tap weight value from 

35 a limiter 87 and supplied through delay element 88 to the limiter 87. 

[0029] Corresponding maximum and minimum tap weight values §\ and cpi (i =0, 1, ... N-1) form a pair and each 
maximum/minimum pair is supplied to corresponding update circuit 83j from memory 89. As illustrated graphically in 
Fig. 1 0, the limiter 87 of each update circuit has a linear input/output characteristic for input values varying in the range 
between <p n and <(> n and a flat characteristic outside the range. The output of the limiter 87 varies linearly with its input 

40 as long as it is within the limit values and clamped to one of the limit values when the input falls outside of the range. 
[0030] As shown in Fig. 11 , a fourth embodiment of the present invention is implemented by the combination of the 
norm-constrained adaptive filters 13 of Fig. 5 and the coefficient-constrained adaptive filters 14 of Fig. 8. 
[0031] A second spatial lowpass filter 1 5 may be provided as shown in Fig. 1 2. This second filter is connected to the 
microphone array to produce a signal which can be used as a reference signal, instead of using the output of the first 

45 spatial lowpass filter 2, for the leaky adaptive filters 8 as well as for the coefficient-constrained adaptive filters 14 of 
the previous embodiments. In this embodiment, the first spatial lowpass filter 2 is designed to form a mainlobe of greater 
width in the assumed direction in comparison with the width of the mainlobe formed by spatial lowpass filter 15. With 
the wider mainlobe of the first spatial lowpass filter 2, the overall characteristic of the beamformer is fit to the charac- 
teristic of this filter. This arrangement is particularly useful when there is a large look-direction error. 
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Claims 



1. An adaptive array beamformer comprising: 



55 



an array of spatially distributed sensors (1); 

a spatial beamforming filter (2) connected to said sensors for respectively filtering output signals of the sensors 
and summing the filtered output signals to produce a first filter output containing a target signal arriving at said 
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array in a specified direction; 

a plurality of first adaptive filters (8; 14), each having a tapped-delay line connected to receive said first filter 
output, coefficient update means for producing tap weight coefficients indicating correlations between tap 
signals from the tapped-delay line and a first error signal applied thereto, and a multiply-and-sum circuit for 
5 weighting said tap signals with said coefficients respectively and summing the weighted tap signals to produce 

a second filter output not containing said target signal, said coefficient update means including restraining 
means for preventing said coefficients from increasing indefinitely; 

a plurality of first subtracters (9), each detecting a difference between an output signal of a corresponding one 
of said sensors and the second filter output of a corresponding one of said first adaptive filters and supplying 

10 the difference to the coefficient update means of the corresponding first adaptive filter as said first error signal; 

a plurality of second adaptive filters (10; 13), each having a tapped-delay line connected to receive said error 
signal from a corresponding one of said first subtracters, coefficient update means for producing tap weight 
coefficients indicating correlations between tap signals from the tapped-delay line and a second error signal 
applied thereto, and a multiply-and-sum circuit for weighting said tap signals with said coefficients respectively 

*5 and summing the weighted tap signals to produce a third filter output, said coefficient update means including 

restraining means for preventing said coefficients from increasing indefinitely; 
an adder (11) for summing the third filter outputs from the second adaptive filters; and 
a second subtractor (12) for detecting a difference between the first filter output and a summed signal from 
said adder and supplying the difference to the coefficient update means of said second adaptive filters as said 

20 second error signal. 

2. An adaptive array beamformer as claimed in claim 1 , further comprising a second spatial beamforming filter (15) 
connected to said sensors (1 ) for respectively filtering output signals of the sensors and summing the filtered output 
signals to produce a filter output containing said target signal, said second spatial beamforming filter having a 

25 greater beam width than a beam width of the first spatial beamforming filter (2), wherein said first adaptive filters 

(8; 14) are connected to the output of the second spatial beamforming filter (15), instead of being connected to 
the output of the first spatial beamforming filter (2). 

3. An adaptive array beamformer as claimed in claim 1 or 2, wherein the restraining means of said first adaptive 
30 filters comprises a leaky integrator (56-58). 

4. An adaptive array beamformer as claimed in claim 1 or 2, wherein the restraining means of said first adaptive 
filters comprises a limiter (57) having a linear input/output characteristic between predetermined maximum and 
minimum values. 

35 

5. An adaptive array beamformer as claimed in claim 1, 2, 3 or 4, the restraining means of said second adaptive 
filters comprises a leaky integrator (56*58). 

6. An adaptive array beamformer as claimed in claim 1 ,2,3 or 4, wherein the restraining means of said second adaptive 
40 filters comprises a norm constraining means (67,69). 

Patentanspruche 

45 1. Adaptiver Gruppen-Bundelformer mit: 

einer Gruppe von raumlich verteilten Sensoren (1); 

einem raumlichen Bundelformungsfilter (2), das mit den Sensoren verbunden ist, urn die jeweiligen Ausgangs- 
signale der Sensoren zu filtern und die gefilterten Ausgangssignale zu summieren, urn ein erstes Filteraus- 
so gangssignal zu erzeugen, das ein Zielsignal enthalt, das an der Gruppe in einer spezifizierten Richtung an- 

kommt; 

mehreren ersten adaptiven Filtern (8; 14), wovon jedes eine mit Abgriffen versehene Verzogerungsleitung, 
die fur die Aufnahme des ersten Filterausgangssignals geschaltet ist, eine Koeffizientenaktualisierungsein- 
richtung zum Erzeugen von Abgriffgewichtskoeffizienten, welche Korrelationen zwischen Abgriffssignalen aus 
55 der mit Abgriffen versehenen Verzogerungsleitung und einem daran angelegten ersten Fehlersignal anzeigen, 

und eine Multiplizier-und-Summier-Schaltung zum Gewichten der Abgriffssignale mit den jeweiligen Koeffizi- 
enten und zum Summieren der gewichteten Abgriffssignale aufweist, urn ein zweites Filterausgangssignal zu 
erzeugen, welches das Zielsignal nicht enthalt, wobei die Koeffizientenaktualisierungseinrichtung eine Be- 



6 



EPO 700 156 B1 

schrankungseinrichtung enthalt, um ein unbegrenztes Ansteigen der Koeffizienten zu verhindern; 
mehreren ersten Subtrahierern (9), wovon jeder eine Differenz zwischen einem Ausgangssignal eines ent- 
sprechenden Sensors und dem zweiten Filterausgangssignal eines entsprechenden ersten adaptiven Filters 
detektiert und die Differenz zu der Koeffizientenaktualisierungseinrichtung des entsprechenden ersten adap- 

5 tiven Filters als das erste Fehlersignal liefert; 

mehreren zweiten adaptiven Filtern (10; 13), wovon jedes eine mit Abgriffen versehene Verzogerungsleitung, 
die zur Aufnahme des Fehlersignals von einem entsprechenden ersten Subtrahierer geschaltet ist, eine 
Koeffizientenaktualisierungseinrichtung zum Erzeugen von Abgriffgewichtskoeffizienten, welche Korrelatio- 
nen zwischen Abgriffssignalen aus der mit Abgriffen versehenen Verzogerungsleitung und einem daran an- 

10 gelegten zweiten Fehlersignal anzeigen, und eine Multiplizier-und-Summier-Schaltung zum Gewichten der 

Abgriffssignale mit den entsprechenden Koeffizienten und Summieren der gewichteten Abgriffssignale auf- 
weist, um ein drittes Filterausgangssignal zu erzeugen, wobei die Koeffizientenaktualisierungseinrichtung eine 
Beschrankungseinrichtung enthalt, um ein unbegrenztes Ansteigen der Koeffizienten zu verhindern; 
einem Addierer (1 1 ) zum Summieren der dritten Filterausgangssignale aus den zweiten adaptiven Filtern; und 

15 einem zweiten Subtrahierer (12), um eine Differenz zwischen dem ersten Filterausgangssignal und einem 

summierten Signal aus dem Addierer zu detektieren und die Differenz an die Koeffizientenaktualisierungsein- 
richtung des zweiten adaptiven Filters als das zweite Fehlersignal zu liefern. 

2. Adaptiver Gruppen-Bundelformer nach Anspruch 1 , ferner mit einem zweiten raumlichen Bundelformungsfilter 
20 (15), das mit den Sensoren (1 ) verbunden ist, um jeweils Ausgangssignale der Sensoren zu filtern und die gefil- 

terten Ausgangssignale zu summieren, um ein Filterausgangssignal zu erzeugen, welches das Zielsignal enthalt, 
wobei das zweite raumliche Bundelformungsfilter eine grofiere Bundelbreite als eine Bundelbreite des ersten Bun- 
delformungsfilters (2) aufweist, wobei die ersten adaptiven Filter (8; 14) mit dem Ausgang des zweiten raumlichen 
Bundelformungsfilters (15) anstelle des Ausgangs des ersten raumlichen Bundelformungsfilters (2) verbunden 
25 sind. 

3. Adaptiver Gruppen-Bundelformer nach Anspruch 1 oder 2, wobei die Beschrankungseinrichtung der ersten adap- 
tiven Filter einen leckenden Integrator (56 bis 58) aufweist. 

30 4. Adaptiver Gruppen-Bundelformer nach Anspruch 1 oder 2, wobei die Beschrankungseinrichtung der ersten adap- 
tiven Filter einen Begrenzer (87) mit einer linearen Eingangs/Ausgangs-Kennlinie zwischen vorbestimmten maxi- 
malen und minimalen Werten aufweist. 

5. Adaptiver Gruppen-Bundelformer nach Anspruch 1,2,3 oder 4, wobei die Beschrankungseinrichtung der zweiten 
35 adaptiven Filter einen leckenden Integrator (56 bis 58) aufweist. 

6. Adaptiver Gruppen-Bundelformer nach Anspruch 1,2,3 oder 4, wobei die Beschrankungseinrichtung der zweiten 
adaptiven Filter eine Norm-Beschrankungseinrichtung (67, 69) aufweist. 

40 

Revendications 

1. Dispositif de formation de faisceau a matrice adaptative, comprenant : 

45 une matrice de capteurs repartis dans I'espace (1 ) ; 

un filtre de formation de faisceau spatial (2) relie auxdits capteurs pour respectivement filtrer des signaux de 
sortie des capteurs et pour sommer les signaux de sortie filtres pour produire une premiere sortie de filtre 
contenant un signal cible arrivant au niveau de ladite matrice dans une direction specifiee ; 
une pluralitede premiers filtres adaptatifs (8 ; 14), chacun ayant une ligne a retard a prises reliee pour recevoir 

50 ladite premiere sortie de filtre, des moyens de mise a jour de coefficient pour produire des coefficients de 

ponderation de prise indiquant des correlations entre des signaux de prise en provenance de la ligne a retard 
a prises et un premier signal d'erreur applique a cette derniere, et un circuit de multiplication-et-somme pour 
respectivement ponderer lesdits signaux de prise par lesdits coefficients et pour sommer les signaux de prise 
ponderes pour produire une deuxieme sortie de filtre ne contenant pas ledit signal cible, lesdits moyens de 

55 mise a jour de coefficient comprenant des moyens de limitation pour empecher lesdits coefficients d'augmenter 

indefiniment ; 

une plurality de premiers soustracteurs (9), chacun detectant une difference entre un signal de sortie d'un 
capteur correspondant desdits capteurs et la deuxieme sortie de filtre d'un filtre correspondant desdits pre- 
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miers filtres adaptatifs et amenant la difference aux moyens de mise a jour de coefficient du premier filtre 
adaptatif correspondant en tant que dit premier signal d'erreur ; 

une pluralite de seconds filtres adaptatifs (1 0 ; 1 3), chacun ayant une ligne a retard a prises reliee pour recevoir 
ledit signal d'erreur en provenance d'un soustracteur correspondant desdits premiers soustracteurs, des 
moyens de mise a jour de coefficient pour produire des coefficients de ponderation de prise indiquant des 
correlations entre des signaux de prise de la ligne a retard a prises et un second signal d'erreur appliqu6 a 
cette derniere, et un circuit de multiplication-et-somme pour respectivement ponderer lesdits signaux de prise 
par lesdits coefficients et pour sommer les signaux de prise ponderes pour produire une troisieme sortie de 
filtre, lesdits moyens de mise a jour de coefficient comprenant des moyens de limitation pour empecher lesdits 
coefficients d'augmenter indefiniment ; 

un additionneur(11 ) pour sommer les troisiemes sorties de filtre en provenance des seconds filtres adaptatifs ; 
et 

un second soustracteur (12) pour detecter une difference entre la premiere sortie de filtre et un signal somme 
en provenance dudit additionneur et pour amener la difference aux moyens de mise a jour de coefficient 
desdits seconds filtres adaptatifs en tant que dit second signal d'erreur. 

Dispositif de formation de faisceau a matrice adaptative selon la revendication 1, comprenant de plus un second 
filtre de formation de faisceau spatial (15) relie auxdits capteurs (1) pour respectivement filtrer des signaux de 
sortie des capteurs et pour sommer les signaux de sortie filtres pour produire une sortie de filtre contenant ledit 
signal cible, ledit second filtre de formation de faisceau spatial ayant une largeur de faisceau plus grande qu'une 
largeur de faisceau du premier filtre de formation de faisceau spatial (2), dans lequel lesdits premiers filtres adap- 
tatifs (8 ; 14) sont relies a la sortie du second filtre de formation de faisceau spatial (15), au lieu d'etre relies a la 
sortie du premier filtre de formation de faisceau spatial (2). 

Dispositif de formation de faisceau a matrice adaptative selon la revendication 1 ou 2, dans lequel les moyens de 
limitation desdits premiers filtres adaptatifs comprennent un integrateur a fortes fuites (56 a 58). 

Dispositif de formation de faisceau a matrice adaptative selon la revendication 1 ou 2, dans lequel les moyens de 
limitation desdits premiers filtres adaptatifs comprennent un limiteur (87) ayant une caracteristique d'entree/sortie 
lineaire entre des valeurs maximale et minimale predetermines. 

Dispositif de formation de faisceau a matrice adaptative selon la revendication 1 , 2, 3 ou 4, dans lequel les moyens 
de limitation desdits seconds filtres adaptatifs comprennent un integrateur a fortes fuites (56 a 58). 

Dispositif de formation de faisceau a matrice adaptative selon la revendication 1 , 2, 3 ou 4, dans lequel les moyens 
de limitation desdits seconds filtres adaptatifs comprennent des moyens de contrainte de norme (67, 69). 
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